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DETAILED ACTION 

Information Disclosure Statement 

1 . The references listed in the Information Disclosure Statement submitted on April 
25, 2002, have been considered by the examiner (see attached PTO-1449). 

Double Patenting 

The nonstatutory double patenting rejection is based on a judicially created 
doctrine grounded in public policy (a policy reflected in the statute) so as to prevent the 
unjustified or improper timewise extension of the "right to exclude" granted by a patent 
and to prevent possible harassment by multiple assignees. See In re Goodman, 1 1 
F 3d 1046, 29 USPQ2d 2010 (Fed. Cir. 1993); In re Longi, 759 F.2d 887, 225 
USPQ 645 (Fed. Cir. 1985); In re Van Ornum, 686 F.2d 937, 214 USPQ 761 (CCPA 
1982)- In re Vogel, 422 F.2d 438, 164 USPQ 619 (CCPA 1970); and, In re Thorington, 
418 F*.2d 528, 163 USPQ 644 (CCPA 1969). < WA/ . k 

A timely filed terminal disclaimer in compliance with 37 CFR 1 .321 (c) may be 
used to overcome an actual or provisional rejection based on a nonstatutory double 
patenting ground provided the conflicting application or patent is shown to be commonly 
owned with this application. See 37 CFR 1.130(b). 

Effective January 1 , 1994, a registered attorney or agent of record may sign a 
terminal disclaimer. A terminal disclaimer signed by the assignee must fully comply with 
37 CFR 3.73(b). 

2. Claims 1-21 are rejected under the judicially created doctrine of obviousness- 
type double patenting as being unpatentable over claims 1-3 of U.S. Patent No. 
6,317,501, hereinafter referenced as '501. Although the conflicting claims are not 
identical, they are not patentably distinct from each other because both the instant 
application and the patent utilize the microphone array to determine filter coefficients for 
the echo cancellation process. However, the instant application provides claims that 
are further limiting wherein more details are provided concerning the echo cancellation 
process. 
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Regarding claim 1, '501 discloses a microphone array apparatus. In addition 
'501 discloses an echo cancellation processing system comprising in an inherent full 
duplex telephony system: a microphone array; a loudspeaker for converting a speech 
signal transmitted from a telephony system on a communication partner side to a 
speech; and an echo cancellation processing part comprising an estimated wraparound 
speech signal generating part for estimating a speech signal that is outputted from the 
loudspeaker and wraps around to the microphone array, using a time difference or a 
level difference between input speech signals of a plurality of channels of the 
microphone array, and generate an estimated wraparound speech signal in accordance 
with an estimated result based on an output speech signal supplied to the loudspeaker, 
and a subtracter for subtracting the estimated wraparound speech signal from an input 
speech signal inputted to the microphone array, as disclosed in claims 1-3. 

Regarding claim 2, '501 discloses everything claimed as applied above (see 
claim 1), in addition, '501 discloses a wraparound delay amount detecting part for 
comparing an output speech signal supplied to the loudspeaker with a wraparound 
speech signal contained in an input speech signal inputted through the microphone 
array, and detecting a delay amount of the wraparound speech signal contained in the 
input speech signal delayed from the output speech signal; and a delay processing part 
for delaying the output speech signal in accordance with the delay amount detected by 
the wraparound delay amount detecting part, wherein an output speech signal of the 
delay processing part is inputted to the estimated wraparound speech signal generating 
part as an input signal, as disclosed in claims 1-3. 
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Regarding claim 3, '501 discloses everything claimed as applied above (see 
claim 2), in addition, '501 discloses a wraparound speech signal emphasizing part for 
emphasizing and extracting the wraparound speech signal from the input speech signal, 
wherein the wraparound speech signal emphasizing part comprises: a first delay 
amount calculating part for calculating a delay amount between the respective 
microphone input signals delayed from the loudspeaker based on input speech signals 
inputted through each microphone constituting the microphone array; and a first addition 
processing part for conducting synchronous addition processing regarding an input 
speech signal inputted through each microphone constituting the microphone array, by 
adjusting the delay amount between the respective microphone input signals delayed 
from the loudspeaker, and emphasizing the wraparound speech signal, and the 
emphasized wraparound speech signal is inputted to the wraparound delay amount 
detecting part, as disclosed in claims 1-3. 

Regarding claim 8, '501 discloses everything claimed as applied above (see 
claim 3), in addition, '501 discloses a speaker's speech signal emphasizing part for 
conducting synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 11, '501 discloses everything claimed as applied above (see 
claim 2), in addition, '501 discloses a speaker's speech signal emphasizing part for 
conducting synchronous addition processing of a speaker's speech signal inputted 
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through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 14, '501 discloses everything claimed as applied above (see 
claim 1), in addition, '501 discloses a speaker's speech signal emphasizing part for 
conducting synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 17, '501 discloses everything claimed as applied above (see 
claim 1), in addition, '501 discloses wherein the estimated wraparound speech signal 
generating part comprises an adaptive filter, and a coefficient updating part for updating 
a coefficient of the adaptive filter at a predetermined timing, wherein the coefficient 
updating part determines the estimated result and a coefficient update amount of the 
adaptive filter based on a level of a wraparound speech signal remaining in an echo 
cancellation result obtained by the echo cancellation processing part, and the adaptive 
filter conducts the adaptation based on an output speech signal supplied to the 
loudspeaker and generates the estimated wraparound speech signal, as disclosed in 
claims 1-3. 

Regarding claim 21, '501 discloses a recording medium storing a processing 
program of a full duplex telephony system, the program comprising: a processing 
operation of controlling a microphone array in which a plurality of microphones are 
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disposed at predetermined positions; a processing operation of controlling a 
loudspeaker for converting a speech signal transmitted from a telephony system on a 
communication partner side to a speech signal; and an echo cancellation processing 
operation comprising an estimated wraparound speech signal generation processing 
operation of estimating a speech signal that is outputted from the loudspeaker and 
wraps around to the microphone array, using an input speech signal of the microphone 
array, and generating an estimated wraparound speech signal in accordance with an 
estimated result based on an output speech signal supplied to the loudspeaker, and a 
subtraction processing operation of subtracting the estimated wraparound speech signal 
from an input speech signal inputted through the microphone array. 

3. Claims 1-21 are provisionally rejected under the judicially created doctrine of 
obviousness-type double patenting as being unpatentable over claims 1-3 of copending 
Application No. 10/003,768, hereinafter referenced as '768. Although the conflicting 
claims are not identical, they are not patentably distinct from each other because both 
the instant application and the patent utilize the microphone array to determine filter 
coefficients for the echo cancellation process. However, the instant application provides 
claims that are further limiting wherein more details are provided concerning the echo 
cancellation process. 

Regarding claim 1, 768 discloses a microphone array apparatus. In addition 
'768 discloses an echo cancellation processing system comprising in an inherent full 
duplex telephony system: a microphone array; a loudspeaker for converting a speech 
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signal transmitted from a telephony system on a communication partner side to a 
speech; and an echo cancellation processing part comprising an estimated wraparound 
speech signal generating part for estimating a speech signal that is outputted from the 
loudspeaker and wraps around to the microphone array, using a time difference or a 
level difference between input speech signals of a plurality of channels of the 
microphone array, and generate an estimated wraparound speech signal in accordance 
with an estimated result based on an output speech signal supplied to the loudspeaker, 
and a subtracter for subtracting the estimated wraparound speech signal from an input 
speech signal inputted to the microphone array, as disclosed in claims 1-3. 

Regarding claim 2, '768 discloses everything claimed as applied above (see 
claim 1), in addition, '768 discloses a wraparound delay amount detecting part for 
comparing an output speech signal supplied to the loudspeaker with a wraparound 
speech signal contained in an input speech signal inputted through the microphone 
array, and detecting a delay amount of the wraparound speech signal contained in the 
input speech signal delayed from the output speech signal; and a delay processing part 
for delaying the output speech signal in accordance with the delay amount detected by 
the wraparound delay amount detecting part, wherein an output speech signal of the 
delay processing part is inputted to the estimated wraparound speech signal generating 
part as an input signal, as disclosed in claims 1-3. 

Regarding claim 3, '768 discloses everything claimed as applied above (see 
claim 2), in addition, '768 discloses a wraparound speech signal emphasizing part for 
emphasizing and extracting the wraparound speech signal from the input speech signal, 
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wherein the wraparound speech signal emphasizing part comprises: a first delay 
amount calculating part for calculating a delay amount between the respective 
microphone input signals delayed from the loudspeaker based on input speech signals 
inputted through each microphone constituting the microphone array; and a first addition 
processing part for conducting synchronous addition processing regarding an input 
speech signal inputted through each microphone constituting the microphone array, by 
adjusting the delay amount between the respective microphone input signals delayed 
from the loudspeaker, and emphasizing the wraparound speech signal, and the 
emphasized wraparound speech signal is inputted to the wraparound delay amount 
detecting part, as disclosed in claims 1-3. 

Regarding claim 8, 768 discloses everything claimed as applied above (see 
claim 3), in addition, 768 discloses a speaker's speech signal emphasizing part for 
conducting synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 11, 768 discloses everything claimed as applied above (see 
claim 2), in addition, 768 discloses a speaker's speech signal emphasizing part for 
conducting synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 
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Regarding claim 14, 768 discloses everything claimed as applied above (see 
claim 1), in addition, 768 discloses a speaker's speech signal emphasizing part for 
conducting synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 17, '501 discloses everything claimed as applied above (see 
claim 1), in addition, 768 discloses wherein the estimated wraparound speech signal 
generating part comprises an adaptive filter, and a coefficient updating part for updating 
a coefficient of the adaptive filter at a predetermined timing, wherein the coefficient 
updating part determines the estimated result and a coefficient update amount of the 
adaptive filter based on a level of a wraparound speech signal remaining in an echo 
cancellation result obtained by the echo cancellation processing part, and the adaptive 
filter conducts the adaptation based on an output speech signal supplied to the 
loudspeaker and generates the estimated wraparound speech signal, as disclosed in 
claims 1-3. 

Regarding claim 21, 768 discloses a recording medium storing a processing 
program of a full duplex telephony system, the program comprising: a processing 
operation of controlling a microphone array in which a plurality of microphones are 
disposed at predetermined positions; a processing operation of controlling a 
loudspeaker for converting a speech signal transmitted from a telephony system on a 
communication partner side to a speech signal; and an echo cancellation processing 
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operation comprising an estimated wraparound speech signal generation processing 
operation of estimating a speech signal that is outputted from the loudspeaker and 
wraps around to the microphone array, using an input speech signal of the microphone 
array, and generating an estimated wraparound speech signal in accordance with an 
estimated result based on an output speech signal supplied to the loudspeaker, and a 
subtraction processing operation of subtracting the estimated wraparound speech signal 
from an input speech signal inputted through the microphone array. 
This is a provisional obviousness-type double patenting rejection because the 
conflicting claims have not in fact been patented. 

4. Claims 1-21 are provisionally rejected under the judicially created doctrine of 
obviousness-type double patenting as being unpatentable over claims 1-3 of copending 
Application No. 10/035,507, hereinafter referenced as '507. Although the conflicting 
claims are not identical, they are not patentably distinct from each other because both 
the instant application and the patent utilize the microphone array to determine filter 
coefficients for the echo cancellation process. However, the instant application provides 
claims that are further limiting wherein more details are provided concerning the echo 
cancellation process. 

Regarding claim 1, '507 discloses a microphone array apparatus. In addition 
'507 discloses an echo cancellation processing system comprising in an inherent full 
duplex telephony system: a microphone array; a loudspeaker for converting a speech 
signal transmitted from a telephony system on a communication partner side to a 
speech; and an echo cancellation processing part comprising an estimated wraparound 
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speech signal generating part for estimating a speech signal that is outputted from the 
loudspeaker and wraps around to the microphone array, using a time difference or a 
level difference between input speech signals of a plurality of channels of the 
microphone array, and generate an estimated wraparound speech signal in accordance 
with an estimated result based on an output speech signal supplied to the loudspeaker, 
and a subtracter for subtracting the estimated wraparound speech signal from an input 
speech signal inputted to the microphone array, as disclosed in claims 1-3. 

Regarding claim 2, '507 discloses everything claimed as applied above (see 
claim 1), in addition, '507 discloses a wraparound delay amount detecting part for 
comparing an output speech signal supplied to the loudspeaker with a wraparound 
speech signal contained in an input speech signal inputted through the microphone 
array, and detecting a delay amount of the wraparound speech signal contained in the 
input speech signal delayed from the output speech signal; and a delay processing part 
for delaying the output speech signal in accordance with the delay amount detected by 
the wraparound delay amount detecting part, wherein an output speech signal of the 
delay processing part is inputted to the estimated wraparound speech signal generating 
part as an input signal, as disclosed in claims 1-3. 

Regarding claim 3, '507 discloses everything claimed as applied above (see 
claim 2), in addition, '507 discloses a wraparound speech signal emphasizing part for 
emphasizing and extracting the wraparound speech signal from the input speech signal, 
wherein the wraparound speech signal emphasizing part comprises: a first delay 
amount calculating part for calculating a delay amount between the respective 
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microphone input signals delayed from the loudspeaker based on input speech signals 
inputted through each microphone constituting the microphone array; and a first addition 
processing part for conducting synchronous addition processing regarding an input 
speech signal inputted through each microphone constituting the microphone array, by 
adjusting the delay amount between the respective microphone input signals delayed 
from the loudspeaker, and emphasizing the wraparound speech signal, and the 
emphasized wraparound speech signal is inputted to the wraparound delay amount 
detecting part, as disclosed in claims 1-3. 

Regarding claim 8, '507 discloses everything claimed as applied above (see 
claim 3), in addition, '507 discloses a speaker's speech signal emphasizing part for 
conducting synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 11, '507 discloses everything claimed as applied above (see 
claim 2), in addition, '507 discloses a speaker's speech signal emphasizing part for 
conducting 'synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 14, '507 discloses everything claimed as applied above (see 
claim 1), in addition, '507 discloses a speaker's speech signal emphasizing part for 
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conducting synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 17, '501 discloses everything claimed as applied above (see 
claim 1), in addition, '507 discloses wherein the estimated wraparound speech signal 
generating part comprises an adaptive filter, and a coefficient updating part for updating 
a coefficient of the adaptive filter at a predetermined timing, wherein the coefficient 
updating part determines the estimated result and a coefficient update amount of the 
adaptive filter based on a level of a wraparound speech signal remaining in an echo 
cancellation result obtained by the echo cancellation processing part, and the adaptive 
filter conducts the adaptation based on an output speech signal supplied to the 
loudspeaker and generates the estimated wraparound speech signal, as disclosed in 
claims 1-3. 

Regarding claim 21, '507 discloses a recording medium storing a processing 
program of a full duplex telephony system, the program comprising: a processing 
operation of controlling a microphone array in which a plurality of microphones are 
disposed at predetermined positions; a processing operation of controlling a 
loudspeaker for converting a speech signal transmitted from a telephony system on a 
communication partner side to a speech signal; and an echo cancellation processing 
operation comprising an estimated wraparound speech signal generation processing 
operation of estimating a speech signal that is outputted from the loudspeaker and 
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wraps around to the microphone array, using an input speech signal of the microphone 
array, and generating an estimated wraparound speech signal in accordance with an 
estimated result based on an output speech signal supplied to the loudspeaker, and a 
subtraction processing operation of subtracting the estimated wraparound speech signal 
from an input speech signal inputted through the microphone array. 
This is a provisional obviousness-type double patenting rejection because the 
conflicting claims have not in fact been patented. 

5. Claims 1-21 are provisionally rejected under the judicially created doctrine of 
obviousness-type double patenting as being unpatentable over claims 1-3 of copending 
Application No. 10/038,188, hereinafter referenced as '188. Although the conflicting 
claims are not identical, they are not patentably distinct from each other because both 
the instant application and the patent utilize the microphone array to determine filter 
coefficients for the echo cancellation process. However, the instant application provides 
claims that are further limiting wherein more details are provided concerning the echo 
cancellation process. 

Regarding claim 1, '188 discloses a microphone array apparatus. In addition 
'188 discloses an echo cancellation processing system comprising in an inherent full 
duplex telephony system: a microphone array; a loudspeaker for converting a speech 
signal transmitted from a telephony system on a communication partner side to a 
speech; and an echo cancellation processing part comprising an estimated wraparound 
speech signal generating part for estimating a speech signal that is outputted from the 
loudspeaker and wraps around to the microphone array, using a time difference or a 
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level difference between input speech signals of a plurality of channels of the 
microphone array, and generate an estimated wraparound speech signal in accordance 
with an estimated result based on an output speech signal supplied to the loudspeaker, 
and a subtracter for subtracting the estimated wraparound speech signal from an input 
speech signal inputted to the microphone array, as disclosed in claims 1-3. 

Regarding claim 2, '188 discloses everything claimed as applied above (see 
claim 1), in addition, '188 discloses a wraparound delay amount detecting part for 
comparing an output speech signal supplied to the loudspeaker with a wraparound 
speech signal contained in an input speech signal inputted through the microphone 
array, and detecting a delay amount of the wraparound speech signal contained in the 
input speech signal delayed from the output speech signal; and a delay processing part 
for delaying the output speech signal in accordance with the delay amount detected by 
the wraparound delay amount detecting part, wherein an output speech signal of the 
delay processing part is inputted to the estimated wraparound speech signal generating 
part as an input signal, as disclosed in claims 1-3. 

Regarding claim 3, '188 discloses everything claimed as applied above (see 
claim 2), in addition, '188 discloses a wraparound speech signal emphasizing part for 
emphasizing and extracting the wraparound speech signal from the input speech signal, 
wherein the wraparound speech signal emphasizing part comprises: a first delay 
amount calculating part for calculating a delay amount between the respective 
microphone input signals delayed from the loudspeaker based on input speech signals 
inputted through each microphone constituting the microphone array; and a first addition 
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processing part for conducting synchronous addition processing regarding an input 
speech signal inputted through each microphone constituting the microphone array, by 
adjusting the delay amount between the respective microphone input signals delayed 
from the loudspeaker, and emphasizing the wraparound speech signal, and the 
emphasized wraparound speech signal is inputted to the wraparound delay amount 
detecting part, as disclosed in claims 1-3. 

Regarding claim 8, '188 discloses everything claimed as applied above (see 
claim 3), in addition, '188 discloses a speaker's speech signal emphasizing part for 
conducting synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 11, '188 discloses everything claimed as applied above (see 
claim 2), in addition, '188 discloses a speaker's speech signal emphasizing part for 
conducting synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 14, '188 discloses everything claimed as applied above (see 
claim 1), in addition, '188 discloses a speaker's speech signal emphasizing part for 
conducting synchronous addition processing of a speaker's speech signal inputted 
through each microphone constituting the microphone array, and emphasizing the 
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speaker's speech signal, thereby generating an input speech signal in which a speaker 
signal is emphasized, as disclosed in claims 1-3. 

Regarding claim 17, '501 discloses everything claimed as applied above (see 
claim 1), in addition, '188 discloses wherein the estimated wraparound speech signal 
generating part comprises an adaptive filter, and a coefficient updating part for updating 
a coefficient of the adaptive filter at a predetermined timing, wherein the coefficient 
updating part determines the estimated result and a coefficient update amount of the 
adaptive filter based on a level of a wraparound speech signal remaining in an echo 
cancellation result obtained by the echo cancellation processing part, and the adaptive 
filter conducts the adaptation based on an output speech signal supplied to the 
loudspeaker and generates the estimated wraparound speech signal, as disclosed in 
claims 1-3. 

Regarding claim 21, '188 discloses a recording medium storing a processing 
program of a full duplex telephony system, the program comprising: a processing 
operation of controlling a microphone array in which a plurality of microphones are 
disposed at predetermined positions; a processing operation of controlling a 
loudspeaker for converting a speech signal transmitted from a telephony system on a 
communication partner side to a speech signal; and an echo cancellation processing 
operation comprising an estimated wraparound speech signal generation processing 
operation of estimating a speech signal that is outputted from the loudspeaker and 
wraps around to the microphone array, using an input speech signal of the microphone 
array, and generating an estimated wraparound speech signal in accordance with an 
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estimated result based on an output speech signal supplied to the loudspeaker, and a 
subtraction processing operation of subtracting the estimated wraparound speech signal 
from an input speech signal inputted through the microphone array. 
This is a provisional obviousness-type double patenting rejection because the 
conflicting claims have not in fact been patented. 

Regarding claims 4-7, 9, 10, 12, 13, 15, 16, and 18-20, they are rejected 
because they depend from the above rejected claims. 




Application/Control Number: 10/078,441 
Art Unit: 2644 



Page 19 



Conclusion 



5. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Jefferey F Harold whose telephone number is 703-306- 
5836. The examiner can normally be reached on Monday - Friday 9 am - 5:30 pm. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Forester W Isen can be reached on 703-305-4386. The fax phone number 
for the organization where this application or proceeding is assigned is 703-872-9306. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). 
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Examiner 
Art Unit 2644 
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